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Comments of Di~ital Theater Systems, lP

Digital Theater System(DTS) hereby submits its comments in response to the Fifth Further Notice
of ProPosed Rule Making("Fifth Further Notice) adopted on May 9,1996 and released on May
20m,1996 by the Federal Communications Commission("Commission").

In Its Fifth Further Notice the Commission proposed adoption of the ATSC Digital Television
Standard. Specifically, the Commission proposes to require the use by digital television licensees
of each element of the standard. In these comments DTS recommends that a modification be
made to the ATSC audio standard to allow for the inclusionlimplementation of alternative audio
coding systems, including DTS.

Audio Coding

DTS recommends that the ATSC DTV standard

• !191 require conformance with ATSC Doc. AJ52, the Digital Audio Compression (AC-3)
Standard.

• include provision for bitatreams produced by different audio coding systems within the
MPEG 2 transport layer, using dHcrIptoraJheaders.

• ensure that all audio coding systems selected for transmission are capable of delivering
audio transparently.

• ensure that all audio coding systems selected for transmission are capable of operating
on a minimum target hardware decoder 1.

The ATSC DTV audio standard (figure 1) as proposed (AC-3) is already technically obsolete
compared to more advanced audio coding systems 2, and is poised to limit further innovation in
the broadcast delivery of audio to consumers.

The DTS audio coding system is capable of providing all of the services described the Audio
Systems Characteristics of the Digital Television Standard (Annex B). DTS can encode a
complete main audio service which includes left, center, right, left surround, right surround, and
low frequency enhancement channels into a bitstrum at a rate between 320 and 384 kilobits per
second (kbps). Furthermore DTS is also capable of operating at the higher bit rates preferred by
many content providers. The audio service is not limited to 5.1 channels but can deliver from one

I DTV receiver hardware that is capable of decoding the most elementary broadcast bitstream
2 Technology Update, "Down the stretch, Dolby's still in the lead, but..."
Larry Johnson, New York Times 7nl96
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to eight channels over a wide range of bit rates. Multiple audio bit streams may be delivered
simultaneously for multiple languages or for services for the visually or hearing impaired. The DTS
system also contains features which would allow viewers to control fluctuations in audio level
between programs or to select the full dynamic range of the original audio program.

Additionally the DTS coding system offers the advantages listed in Section 2. A more detailed
explanation of the DTS coding algorithm is given in, II DTS Coherent Acoustics. Delivering high
quality multichannel sound to the consumer", April 1996, presented at the 100th Convention of the
Audio Engineering Society, Copenhagen.

Analysis of Required Standards

We believe that adoption of the ATSC Doc. A/52 excludes already existing achievements and will
deter further technical innovations in the field of audio coding. As currently written, the Standard
locks the digital television broadcast market into a less than optimal, and already obsolete, audio
technology.

There is little or no commercial advantage in having a single mandatory audio coding standard for
digital television broadcasts. Competing audio coding systems can, and already do, operate on
exactly equivalent silicon hardware. In other words, innovations in this area will increasingly
resemble software upgrades in the computer market. New and more technically advanced audio
decoding algorithms, and other audio processing functions, will be offered as upgrades to the
consumer and operate on the existing hardware. This will allow service providers to choose
different encoding technologies, and thus compete by offering differentiated products.

To implement this scheme requires that:

• a minimum target hardware decoder, resident in the receiver, be standardized (figure 1)
• unique descriptors and headers be specified within the MPEG-2 transport to facilitate the

transmission of altemate audio and video bit-streams
• audio decoding software be downloadable to the hardware decoder via the transmitted data

stream.

A_pons. to Proposal

We feel that the audio soecWications of the digital television system that have been recommended
by the Advisory Committee are somewhat inflexible. Moreover, they do not provide high quality
audio.

The proposed audio standard is inflexible in that it does not allow the broadcaster, artist, or
producer to select the audio encoding system most appropriate for their material. For example,
numerous producers and directors have chosen to encode their film and/or music programming in
DTS for theatrical or music distribution. These artists should be given the opportunity to have the
same choice when their works appear in the broadcast medium.

The proposed audio standard is also inflexible in that it cannot incorporate rapidly evolving
improvements in audio recording techniques including, for example, longer word lengths, higher
sampling rates and more audio channels (beyond 5.1 channels). The ATSC standard should
include provisions within the audio standard that would allow these improvements to reach the
consumer.

Although the AC-3 standard is probably an improvement over today's NTSC monophonic and
stereo standards, it is still not comparable to the CD in terms of quality, an audio standard that
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consumers now expect from all digital media, and which is enjoyed in almost 50% of American
homes. 3

Digital Theater Systems is the premiere motion picture digital sound system, installed in more
than 7000 movie theaters worldwide. Beginning with its first release of Universal Pictures Jurassic
Park, DTS has positioned itself as the worldwide standard release format for motion picture digital
sound tracks. Ten major studios/producers have released over 130 films in the DTS digital sound
format. These include Universal, Amblin Entertainment, MGM, Paramount, Miramax, Warner Bro.,
Castle Rock Pictures, 20th Century Fox, Savoy, and New Line Cinema.

Digital Theater Systems has also developed a real-time consumer audio compression algorithm,
Coherent Acoustics. This algorithm was designed from the outset to perform at studio grade
quality levels i.e.. 'better than CD', and in a multichannel format was intended to facilitate a major
advance in the quality of audio reproduction in the home in terms of fidelity and sound stage
imagery. Another primary objective was that the compression algorithm should be broadly
applicable and therefore flexible. Multimedia applications have restricted data bandwidths and
therefore demand a 5.1 channel mode operating at 384 kbps or less. Professional music
applications involve higher sampling rates, longer worcllengths, multiple discreet audio channels,
and increasingly demand lossless compression. All of these features have been accommodated
in Coherent Acoustics. The final important objective was to ensure that the universal decoder
algorithm was relatively simple, and future-proofed. This would ensure cost effective consumer
decoding harclware today, and yet allow consumers to benefit from any future improvements
realized at the audio encoding stage.

By not mandating a particular audio encoding scheme within the ATSC DTV standard,
broadcasters could take advantage of the flexible nature of the packetized data transport structure
of the overall DTV proposal. Within the MPEG 2 transport layer it is quite straightforward to
include provisions for many different types of audio coding techniques, including the DTS
'Coherent Acoustics' audio coding system. The advantages of this approach are numerous:

• provides fleXibility to artists and broadcasters
• encourages continuing innovation in audio coding techniques
• enables higher quality audio coding
• stimulates competition
• increases product differentiation
• facilitates international compatibility
• enhances international competitiveness of the US standard
• enhances opportunity for US based content providers

Tetecommunlcatlona Act of 1996

The Proposed ATSC DTV aydio standard discourages new entrants into the marketplace. The
FIfth Further Notice of Propoaed Aule Making cites the provision of the Telecommunications
Act of 1996 which seeks,

''to promote competition and reduce regulation in order to secure lower prices and higher quality
services for American telecommunications consumers and encourage the rapid deployment of
new telecommunications technologies. "

By giving a monopoly to a single proprietary audio coding system (AC-3), the proposed audio
standard departs from this principle. It discourages competition, creates a climate for higher
prices, and fails to ensure that the highest quality audio is provided for consumers. The proposed

3 The Year in Consumer Electronics 1995, Consumer Electronics Manufacturing Association, .. Household
Penetration of Consumer Electronic Products as of January 1996", pp.14.
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audio standard also stifles "the rapid deployment of new communications technologies" such as
that offered by DTS. Our belief is that by mandating a single proprietary audio coding system, the
spirit of the Telecommunications Act (1996) will not be realized.

We believe that there should bea choice of audio coding technologies in the standard, and that
the digital licensees should be free to choose audio coding and compression systems appropriate
for their program material.

Acceptability of the ATSC DTV Standard

We are concerned that the proposed audio standard will place a wall between the merging of
Personal Computers and television. DTS offers a clear advantage by allowing software decoders
to progressively decode the coded audio bitstream. For example, a schoolroom with older model
PC's would be able to listen to the full audio content but with a restricted bandwidth. The
intelligibility of the programming would remain intact. This "future proofs II today's hardware and
gives consumers with varying economic means access to content.

DTS was conceived as the artists medium and we support a standard that faithfully reproduces
the artists intent. Just as arbitrary cropping of a picture is offensive to the director and
cinematographer, so a destructive audio codec aggrieves the musician and composer. Quality
compromise is not an inevitable feature of coding. Recording engineers and musicians describe
''transparency 1I when there is no audible difference between the master tape and final delivery to
the consumer. We believe that transparency is an artists right. DTS opposes imposing a standard
that is incapable of reproducing the artist intent, and offers a technology which is capable of more
faithfully reproducing the artists intent within the constraints imposed by ANNEX B, Audio Systems
Characteristics.

In addition, the validity of the ATSC audio test procedures and the analysis of the results are
suspect. We agree with the CAC who stated that,

"the validity of the test results will be questioned by members of the intemational community since
they were not obtained by a test procedure that is fully compliant with test procedures that have
been agreed upon internationally. ,, 4

As the BBC also pointed out. the test procedures employed,

1I had a profound effect on the criticality of the assessments and particularly the ability of the test
listeners to make valid judgments. There are also serious departures from the normal practices of
statistical analysis of subjective test results. Both of these factors throw into doubt the validity of the
ACTS overall conclusions on the absolute quality of the Grand Alliance Sound System, AC-3".5

The ACTS conclusion that the AC-3 coding is transparent for all of the test items is NOT
technically supportable. Therefore. we beljeve the audio standard should incorporate other coding
technologies such as DTS that are capable of delivering transparent audio.

4 Letter from CRC to the chainnan of the ACfS SS WP-2 Committee 1/17/95
5 Comments on the report to the Advisory Committee on Advanced Television Service of the Federal
Communications Commission:' digital HDTV Grand Alliance System: Record of Test Results; DJ. Meares
and DJ. Kirby, BBC Research and Development Department, Kingswood Warren, Tadworth, Surrey, UK.
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Interoperabillty

DTS facilitates cross-industry interoperability because DTS is capable of automatically operating
in any mode indicated by the incoming data stream. A second feature that enhances
interoperability is the flexibility of the DTS algorithm to operate across all current and future media.

As bandwidth in non-broadcast media expands, the importance of scalability increases. DTS's
ability to operate over a wide range of bit rates, and its progressive decoding capacity combine to
create a powerful tool for cross-industry operation. These parameters serve to avoid creating a
"tower of babble syndrome" and serve to support seamless integration of programming and
programming elements. DTS was designed with the idea of eliminating technical incompatibilities
in the transfer process in all media downstream and upstream from film/music program material.

Provision for implementing DTS, such as bitstream headers and descriptors and a standardized
hardware audio decoder, are additional actions the Commission should take to facilitate
interoperability.

We envision a DTV system that will allow a music student to download the real-time broadcast
performances of an orchestra, download the score, perform a particular part, and receive "master
class" level instruction. We envision theatrical performances of Shakespeare, the musical
performances of Baba Olatunji and newscasts from science laboratories all kindling the
imagination of students in vital ways. Good teaching depends on intelligibility, and music on the
communication of the subtlest nuances. We believe the encoding tools of DTS allow for the full
range of communication as personal computing and broadcasting merge.

Licensing Technology

Patents covering the DTS 'Coherent Acoustics' audio coding system are currently pending. A
license will be made available to applicants under reasonable terms and conditions that are free of
any unfair discrimination.

International Trade

We believe that our proposal to allow additional audio coding systems within the ATSC DTV
standard would

• facilitate international compatibility
• enhance the competitiveness of a US system worldwide
• remove barriers for US produced films
• enhance the opportunities of US based content prOViders and equipment manufacturers.

It would allow other countries to adopt the ATSC DTV standard, but provide a choice of the audio
coding scheme that more appropriately met their needs or national priorities.

Conclusion

It should be noted that the over-all sonic quality of 5.1 channel motion picture sound tracks has
risen considerably in the past three years, and will continue to rise. Broadcasters must allow for
this general trend, and provide methods by which ongoing improvements in audio production can
be delivered to the consumer.

Mandating a single proprietary audio coding system, such as AC·3, excludes already existing
achievements, locks the digital television broadcast market into an already obsolete audio
technology, and deters further technical innovations in the field of audio coding.
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Digital Theater Systems LP, through the use of the Coherent Acoustics audio coding system, can
provide excellent sound quality and flexibility today, and offers scalability for future improvements
in services as demanded. DTS recommends that the audio standard be made more flexible by
facilitating the transmission of a range of altemate audio bit streams, capable of running on a
single universal hardware decoder, such that the service provider has the option of tailoring the
audio coding system to the program material and/or service.

section 2
Advantages of DTS compared to AC·3

Higher audIo quality
The DTS audio coding algorithm is more efficient than AC-3, resulting in higher quality audio at an
equivalent bit-rate; subjective assessments on 1 and 2 channel material demonstrate this 6,

An efficient audio coding algorithm is of particular importance for broadcast applications in three
respects:

1, Live broadcasts of 5.1 channel material will demand a higher 'coding margin' than pre
processed 5.1 channel broadcasts. In this context 'coding margin' refers to the noise masking
threshold of an audio signal with respect to the coding induced noise level in the signal. For a fully
transparent coding scheme the coding margin must always be positive implying that the coding
induced noise is always less than the noise mask threshold and hence inaudible. The 5.1 channel
AC-3 algorithm is used almost exclusively as a post-production process, where it is possible to
monitor the quality of the coded audio and 'redo' the compression cycle if problems arise due, for
example, to critical program material. For live broadcasts it is not possible to optimize the coding
algorithm in this manner, and the compression algorithm must be able to deliver transparency in a
real-time one-pass mode for all program material.

None of the FCC audio sound quality tests used in-line real-time audio coding-decoding hardware,
which is of critical importance for live broadcast applications.

2. The use of 5.1 channels for non-film programs will rise. Music programs in partiCUlar benefit
from the extra surround channels but, in comparison to motion picture sound tracks where the
surround channels are used sparingly, musical material places great demands on the continuous
high fidelity of every channel. The DTS algorithm operating with 5.1 channels at 384 kbitslsec has
been designed to faithfully reproduce all surround programs whether film based or music based.

3. Broadcasters must also be made aware of problems caused by tandem coding Whereby audio
material in the post production chain is repeatedly data compressed and uncompressed before
final transmission to the consumer. These problems are already apparent to radio broadcasters
who have been using data compressed audio in production and point-to-point transmissions for at
least five years. The potential for audible artifacts caused by tandem coding requires that a
'coding margin' be allowed in the final transmission to the consumer. A high compression coding
technique that is working at 'the edge of transparency' may not be sufficient, even in the near
future.

6 DTS Coherent Acoustics 'Sound quality evaluation disk' , CD available from DTS Technology LP
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More flexible algorithm

Fully indePendent Channels
Due to its higher coding efficiency the DTS algorithm is able to code each channel fUlly
independently at bit rates less than or equal to 384 kbitslsec (for 5.1 channels). This allows multi
lingual broadcasts to be efficiently transmitted by, for example, simply replacing the main dialog
channel in motion picture sound tracks. High quality monophonic speech can be transmitted at a
bit-rate less than or equal to 64 kbits/sec.

Open ended architecture
The DTS algorithm is extendible in allowing additional audio channels to be added as required.
These extra audio channels retain compatibility with the main 5.1 data stream, and may be
decoded or ignored depending on the complexity of the decoder. The architecture also permits
higher sampling rate audio to be encoded (e.g. 96 kHz) and longer word-lengths to be used (up to
24-bit data samples) while retaining compatibility with basic decoders.

Accurate frame alignment wjth vjdeo signals
DTS incorporates a synchronization routine that enables sample accurate alignment of the
compressed video and audio frames. This is of fundamental importance for seamless switching
between multiple compressed video streams, and for time aligning multiple compressed audio
streams with a common video stream.

Scal••ble algorithm
The DTS algorithm is capable of operating at fixed bit-rates ranging from 32 kbits/sec up to 4096
kbits/sec, and also in a variable-rate lossless mode. This range of bit-rates enables a wide range
of applications including monophonic voice transmission, 5.1 channel motion picture sound tracks,
or original programming of very high quality orchestral music. DTS is suitable for any application.

The bit-stream format also allows a sub-set of the compressed audio data to be decoded as a
band-limited audio signal, if the audio decoding processor is not capable of decoding the full data
set. In this way the algorithm can be tailored to the cost/complexity of the decoder.
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AUDIO SYSTEMS

Audio coding system overview
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Figure 1. Audio subsystem within the digital television system.
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Abstract

h low bil-rale multichaDllel coders becoming more promiDem in die home theatre market, attemion is
iDoing 10 focus on the applicability of the multicbamlel format tOr music reproduction in the borne. What
erences are Ihere betweeB discreet motio..,u:ture sound trllclcs lIIId multicllllmel music, and bow
s this affecl the perfurmance of low bil-rale coders? Whal are the limitations of the currem CD and
, DVD platforms as multitrack music players, and whal impaCI will these limitations have on the
elopmem of a new standard formal for the release of multichannel music?

5 paper will malyze the potemial of DVDs and CDs as high quality multitrack audio media. focusing in
icular 011 the use of DTS Cobcrent Acoustics as a IDClIB!l of exleDlliJlg the multichannel poteDtiaI of
Ie p1atfunlls. Desipcd 10 achieve audio tIaIISpIreII:)', DTS CobereJlt Acouslics can operaIie at bit-
s up 10 4.096 Mbps, supports up 10 8 dilIcreet clwmels of audio, at up 10 24 bil SatDple resolution and
iIDlpling rates up 1096kHz per cbannel. Within these constraiDrs DVD can deliver a new multicbanoel
Iii: experierJcCto 11K' liOme. On CDs aad luer discS DTS haS aJmdy demonsttated a 6-clwme1
Ibility. at 2O-bit resollltion and at a sampIiJII me of 44.1 lHz. Eumples of music recordiJJgs made 10

format by one of the authors will be on demonstration at the workshop.

Introduction
The iuttoduction of discreet IDllkir."'ftW"I diJitaI playlKk~ ia .. IDae for .. repnxb:don of
motion picture SOIDIdtracks bas rekindled professiOlll1 aad~ iJIIeIest ia l'RIki b ... 1D1ISk:. 'Ibis
imeresl has iDlensitied recemly due: to the eminem consumer IauDch of video OVD hardware aad
software. wbich offers a much higher baudwidlb aDd greater daIa ClIpICity 1baD die ClIIRIIt CD format.

LimitatloRs of the new DVD plMfonn for IIIIIItitr8ck IDUSk:
At first~the DVO pIItform apm to beWalfor mu..". 11IIUIit: usiDllQat PeN. but 011

ca-r...,. .. pnlpOIIed ·dIta.. "If ,.of DVI),..,.....-cas die
mult.ldtrieit--.....,; of'" IIeW~ TIlls is~ lnIe Ita ........ is nquired in
addiioa 10 nw'+ h « saROfilIBlIt evdwI. to Ic epIIIky ia ImDS of SlIIDPIe
pm:ision flu.CY ••••• 'u.. A..mh·.., ......,., •.... 2-e.11a1me.1
mixdowa widtlD • twO pIaJer is IIIJl c:omidcred viab1e at ..amstIc 1eYe1. Tallt· l6adlles 1IIe
multichannel possibilities usia& linear PCM. assumillB the iiIClusioa of IIIlI8IIatOI'y 2-clIaDad 5laeO at 20
bil precision lIIIdllt a sIIiJpIiag·rale of 48 kHz. TIle .........dill_isa-.d 10 be 6.144
Mbps.

If the stereo format moves 10 a SatDpling rate of 96 1cHz. then esseatiaIly there is 110 possibility of a •
multichannel format usillllinear PCM. Also if \ow bit-rate video for IIIlIIit: videos (e.,. MPEG·I al around
1.2 Mbps) is iDt:Juded as all qJlion dten lite audio tbrovgItput may drop.. funIiler resuict die
multichannel linear PCM poeeDtiaI of OVD.

Table I M..............__............, 1-dI PCM .21-1*.... (tat .....)

sample word maximum _her of IiJIlarPcM audio ID1I1dc:laemel total bit
rate leogth channels for mn!licba_ format bit JlIte JlIte

1kHz! lbiisl I1dIaII -=48 16 x x x x x 3H)

48 20 x x x x 3MO
48 24 x x x 345i6' S'1t6
96 16 x x JIm 4t92
96 20 x x 3140 SMO
96 24 x 2304 42%4

Digital audio data reduction for multicluuIIIeJ IJIIISic
II seems likely therefore thai multichannel music formals on DVD will qJliOlJlllly allow die use of data
reduction techaiques in order to add more flexibility iDlO die format. Both \ossIl:Is aad lolly (percepmal)
data reduction teclmiques bave been proposed, die former effectively increasiDI the playtime but Dtlt the
maximlBD IIlIIiIber of clwmels. die latter permiuina an iDCrease in playtime and IIIIIilber of i:Jwmels.

Lossless compression, such as entropy codiDg. is capable of reduciDs the avedIC bit-rue of di,illll audio
data by a factor of two. In order 10 increase this rado 10 around three more sopbiscicated aIIoridms are
required operatina in thefrequeilCy domain or within sub-bands. Tbe OVD bardwaIe is fundamentally
capable of deItveriDI variable rale data 10 an audio decoder. cOlllllDined by a maim. audio data rate of
approximately 6.5 Mbps. However since the peak data rate of a lossless audio coder may momemarily
exceed the equivatem linear PCM data rate (due 10 IIIIIIlI&C=mem ovedleads in dte coded bit stream), the
maximmn nlDllber of loss\essly coded audio channels is equal 10 (or less than) dte maximllll1 IIlIIiIber of
linear PCM channels. For losslessly coded audio with a SatDple rate of 96 kHz or at a hiper precision
than I6-bit the average compression ratio may rise bul the peak data rate will iiICrease proponio"tely 10

the linear PCM bil-rate.



Any variable rate audio coding scbeme (Iossless or lossy) is also incompatible with the variable rare
MPEG-2 video coding tecbDique curreDlly used on video DVD i.e. the audio and video could DOt CO-eXisl
on the same disc. Lossless compressioR does DOt allow the sollic perfomwlce of DVD to be exrcDded
beyond !.bat which can be reached using Iinear PCM coding, but wiD increase the playing time of a DVO
disc.

On the other hand the use of a percepruaDy rransparellt audio compression algorithm. operating at a fixed
bit rare of around 256 kbps per cbannel at 48 kHz (512 kbps at 96 kHz), can increase the pedonnance of
multicbannellllllSic on DVD beyond the cormraincs imposed by multicbannel liDear PCM cocfiDa. and also
deliver a greater oumber of audio channels. An appropriate percepQla1 coder would aJJpw lIIl)' _,;cbaenel
format up to maximlDD of eight channels to evolve easily within either the audio or v,idco DVD~.
This is illustrated in lable 2. If the Iinear PCM srcreo trICk were 10 operare at a~ rae of 96~ the
multichannel funnats would be IDlCbanged at 48 kHz. and be redUced 10 a ~imuID .lXsix~ at 96
~. There is also sufficielll dala baodwidth in many of the modes for optional MPEG-I video dala.

Table 2 MulticIIaDDeI aullo modes usumiD& maadatory 2-d PCM. ~bIt. 48 kHz (1928 kbps)

sample word muimum number of 'pe1UptUllIly multichannel tocal bit
nue length coded' audio cbatmels for multicbaouel bit rate nue

ltifzl Ibksl fonllal f2S6t'S12 kbm Del'dIanaeIl IkbPsI
~48 16 x x x x x x x x 2048

'" 20 x x x x x x x x 1048 ..
48 24 x x x x x x x x 2848 3M3
96 16 x x x x x x x x 4096 6016

96 20 x x x x x x x x <4096
_6

96 ·24 x x x x x x x x 4096 6016

Multicblumel CD player
At these reduced bit-rates the CD platform also bas greal porcDlial as a bigh quality muJtic1wuJe1 audio
player tor the cQIISl8Der. albeit widIoul any srcreo linear PCM audio track and with a maximutP playing
lime of 74 minutes. The lDltllimtllll bit-tate is 1.411 Mbps wbich allows up to six fun bandwidth dala
reduced audio cbadnels at 2O-bit resoiuIion and sampIinJ tares of either 44. 1kHz or 48 Idfz. The use of
CD media in these muJtic1Wlllel modes bas been successfully demoastrated by Tom lung of DMP
Records using the DTS Cobtrellt Acoustics algorithm. More delaiJs of these experimental recordings are
given below, and some teclulical specificariom of the DTS alpidlm are prtsenrcd In appendix I.
It appears therefore tbat both the CD and DVD platforms are capable of deliverm, multichannel music £0

the·consumer provided appropriate digital audio data reduction tecbDiques are employed.

Experillll!lQl .....k:baaMIlIlUIit: ncordIiIII (or 5-e11a1M111 aDd ......~
For the past couple of years Tom lung of DMP Records bas been recordina and mixiIli music with the
intention of reproducing it in a muJticbannel as opposed to a srcreo format. This wort bas iDcIuded both
4:2:4 and 5:2:5 matrix encoders. and more recently the discreet DTS CQllercnt Acoustics diaital audio
encoding teclloology.

Within the CD platform the DTS algorithm aDows the reproduction of up to six full bantlwlddl channels of
audio at a sampling rate of either-4:4.1 kHz or 48 kHz and at 20-bit preeisjon. The six cbaDnels can be
configured in a munber of ways. These include a 4+2 format with essentiaIly two front stereo pairs of
speakers and stereo surrounds. a 3+3 circular format which tends to stabilize the stereo surround signal.
and more recetuly a 3+ 2+ I format with the sixth channel venically above the listener poiming down !O

cOllvey height information. This last format !tas an advantage in that the more slandard 3+2 format can be
extracted and played without any mixdown. Owing to the importance of the home theater markel the five
chatme! (3 + 2) format has been predominantly used for reproduction, with the omission of the 0.1 low
frequency effects channel. The usefulness of a separate bass channel for music recordings is not
apparem.

In general the recordings were made with malChed micropbones feediDa iDID multiple 2O-bit A-D
converters (up to 16<bannels) locked to a COIDIDOn low-jitter clock source. The alIlio dafa WJS rOIIfed
tbrougb a Yamaha digital mixiDg console to multiple 8-traek digital audio rape te«lrdelS. ne oum.ber l

type of microphones used and their placemellt depended 011 die~~..."..~ ...
band were recorded in srcreo i.e; SICreO tJ'IIIIIPl:CS. 5laeO~ 'I1IciIe i
mixdown to left and right waDs (tnIDlbones left-front Ieft-rear. I1188pe&S~ ). 11Ic
saxopbones were recorded on d1ree cbaDnels and assigDed KCRlII die~~~ 11Ic dlydu
section \VIS JDiked sepuuely aDd assipcd accross the froot Ibree dIaDaeIs. 1Wo~
ambiellt micropboaes were IIIl!Id IIIdt la IIIe room _1IlIip:d fD td............. All.....
directiooal micropiloae was used to~.ee~mJIllr.tiopr......... to tile..0'IIltad dIamel
The combinarlon of the two rear surrouatsand the ovtdiieade.-aa iIaa i •• 3 _.__ amtHet
SOUDdfield.',

The intent during the jazz band mix was to wrap the band around the Iisleoer lite a borse-sboe using
stereo imaging down the side-waDs. In general only ambiem and strong refteclive sipals were reproduc
from the surround cbannels apan from some deliberate and I1lQIIIeDlal'y~ of iDdMduaI
instruments in the rear. The celller cbannel was used to crearc a strong froataI presence with further
imaging berween the cenrcr and front cIwmels.

Monitoring was through malC!Ied mid-sized speakers with matehc:d amplfiers, arransed in the standard
equidislaDl 5-cbanoel configuration, the speakers pointed dim::dy toward die reconJiDIImixiDg position.
The rear speakers subteDded an angle of lIIlIJrOXimalely 90 tfeJrees. WIlen in use the sixth cbannel \VIS

positioned about 8 feet above and stiPdy in froDI of the tDi&iDt position. poiDdng saaicIIt dowD. MalCbiJ
the output levels of all the speakers bas proven problematic due to inconsisllencies in die OUlpUllevels of
pairs of srcreo D-A converlCrs aDd SICreo amplifiers. Multi-chandel digital COIlver1IetS with iDdividual
channel gain coDtroIs wouId be an advaDlage, and would also lend to lower the clockjillCr problems
associated with multiple stereo A-D and D-A units.

Encoding and decoding
The DTS 6-cbannel encoder operates in real time and allows the six cbanDe1s to be moairored through the
encoding I decoding cycle. The i~ to the encoder is via three AES-EBU diIital audio clJanDds which
are lIOI1IJlIDy pbase alipcd. The CODlVJCSSCd data OIltput is on a single AES-EBU cbPDtl. clockJ:d
synchrooousJy (but delayed) by the diJiraJ audio inputs. and can be reconIed OIl Illy diPaJ audio recorder
such as OAT. CD-R or a _raj ll!Idio workslatioo. The DTS decoder receives compmsed audio data via
optical TosIink or single ended RCA jack. and outputs the six clwmcls of dc-c04lPtC~alIIIio ill bofh
aa10g and digital forms.

The eacoder{decoder is thetefore foHy digital and capable of operating at 24-bit precision. The simplest
ponabIe recording format for die~I or 6<hatmel 2O-bil source nwerial is 08 a T--. DA-88 wi~

a Prism SOIlBIf 20/24 diJital iaIerfaGe lIIIit wbich COlllll:CCS direcdy to die ellCOder. 11Ic ability to edit
compressed audio is very liIDitcd duI.fO die framing stl'lICtUre used In the bit sueam. Edits must occur at
frame boundaries and whole frames must be discarded or inserted.

~ of m:onIiqs. played back from. a repIar CD player Into a OTS
Coherent Acoustics decoder. wiD tie Biven during the wortsbop.
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Coherent Ac:ollStics Features
Ii I to 8 channels of multiplexed audio
ii Sampling Jllres from 81dh to 1921dh per channel
ii 16-bit to 24-bit audio word length (138 dB)
ii Compression ratios from I: I to 40: I
ii TOlal data" operatiDg JllIl8e from 32 kbitsfsec to 4096 kbitsfsec
ii Lossless-:oodiJlgmooe (varialJte~ me)
ii Linear peM decoding mode
jj Down mixing frDm n eoded channels to n-I, n-2, n-3 ...etc. output channels
ii Down mixing from 5.1 discreet ttl matrixed stereo Lr R.r
ii Embedded dynamic range COntrol
ii Re-equalization of all cll.annels independently
ii Sample accurare syocbrOllization of audio to external video signals
ii Embedded time stamp and user data
Ii Future proofed decoder

Multiple multiplexed audio channels
The specification allows from one to eight channels of compressed audio to be demulliplexed and
decoded from a sinale data stteaID. lbe bit aUocaUon for eacb multiplexed audio channel from the total
data bandwidth. may be fixed or vary dyDimicany, deptmding 00 the demaPds of the application and the
complexity of the eocoder.

The total multiplexed compressed audio data Jllre can vary from 32 kbps up to 4.096 Mbps. depending on
a number of applicatioo-defined parameters. These CODStJllints would iIIClude, for example, the number of
audio channels cOlkd. tbe c<llllPlftity and IlltellCy of die eucoding process, the sampling rate of the
SOIIl'Ce PCM digical audio. and the dam buffer size at the decoder. This wide dam bandwidth operating
range allows Coherent Acoustics to find widespread use io diverse audio alii audio/video applicatiom.
These range from telephone-grade voice audio at low dam rares, 5.1 channel motion picture sound tJllcks
around 384 kbps. and multi<baJmel music formats operating at very high sampling rares and with
extended audio precision at the highest data rares.

Sampling rate and audio word leuglb
Allowed samp\illlJ rases vary frOO1 8 kHz per c1JanDe1 up to 192 kHz per channel, giving audio bandwidths
from 3.5 kHz to 90 kHz. For applications which use fixed sampling Jllte D-A converrers inrerpolation and
decimation filrers are iocluded in the algorithm to up- or down-sample the PCM audio to the SlaIIdard 32.
44.1 or 48 kHz sampIiDg rateS. 1be eocodblg algorilbm operates wiIb 4O-bit precision on 240bit audio
words. Using computer generated 24 bit test signals, and wiIb a 32-bit tloating point decoder. the
Coherent Acoustics a1goritllm can RlllIize a dynamic range of tip to 138 dB.

The higber sampling rateS and extended word leogths of the algorithm are intended for next generation
pro~onal aDd bip-elli audioapplicadoos.(l) Tbe~ is illCreasiBg use of 2O-bit A-D converrers in digital
recordiBcillSftdle., tiId I deskt to iIlcrease die~ rae to 64,88.2 or 96 kHz for professional
recOf"diDaS. CdIIert!IIr~.~ a means of Rlf*oduciag dIis higher quality audio in the home on
Currellt digital media such as c-om,lict 4iscs Or taser discs.

In addition to~ widl \ossy compressiou at fixed data Jllres fmn 32 kbps to 4096 Mbps. CohereD!
Acoustics is also capaMe Of IoSsIess comjltession in a variable Jllte mode. by forcing the coding error to
be less than a fixed absolure value (i.e. less than + /- 0.5 LSB).

Encoding System Architecture

Input Channels
Up to eight discrere full-bandwidth digital audio channels can be input and coded as a single multiplexed
data stream. An additional low frequeocy effects (LFE) can also be i~ to die coder in any mode. The
pre-defined channel configurations are shown in table I. Custom clwuJel coofiguralions are also possible
as well as future suaregies which can be uploaded from the player hardware.

Table I
Audio coding modes

l-eh A (mono)
2-eh A + B (dual moDO)
2-eh L + R (stereo)
2-eh (L+R) + (L-R) (sum-differeIlCe)
2-eh Lt Rt (total)
3-eh L + R + C
3-eh L + R + S
4-eh L+R+C+S
4-eh L + R + SL + SR
5-eh L + R + C + SL + SR
6-ch L + R + CL + CR + SL + SR
6-eh Lf + Rf + Cf + Lr + Rr + Cr
6-eh L + R + C + SL + SR + OH
7-eh L + CL + C + CR + R + SL + SR
8-eh L + CL + C + CR + R + SLI + SL2 + SR I + SR2
8-eh L + CL + C + CR + R + SL + S + SR

Sampling Rates
Permissible sampling rates are based on multiples of 32. 44.1 and 48kHz. This allows for straight forward
decimation and inrerpolation to be carried out intbe decoder in the event that the playback bardware
sampling rate does DOt match the bit stream Jllre. Table lists the optional sample rates.

Table 2
Source PCM samp6ng rates

8kHz
16kHz
32kHz
64kHz
128kHz
11.025kHz
22.05kHz
44. 1kHz
88.2kHz
176AkHz
121dh
24kHz
48kHz
96kHz
192kHz



n PCM Word l.eaIJd1
~.prCCaS allows for the cO<tillg of PCM sipals wirh a dyuamic ranae in excess of 144dB and
~.~....... ~·1lP to 24-bits willi OUt ttua:ation. FunlJer more. the source word length
~1II!!d IJ.• detbder in order to permit the impIemeutation of ooise sbaping if truncatioll is
~iect· dUri. p1aYbect.

~ 3
ce PCM word length

IS

IS

IS

IS

ts
tS

ts

ding Bit Rates
: 4 lists the possible bit rates for the combined multi-ehannel encoded bit stream. Generally the lower
te:; are intended for low sampling rate applicariom while the high data rates. specifically 3.072 and
iMbps are intended for sampling rates above 48kHz.

,4
ding bit rates

3840kbps
4096kbps
Variable
Lossless

Coherent Acoustics Coding Strategy

Detailed block diaarams of the subbaud ADPCM process at the eucodcr and decoder are illustrated in
figures 2 and 3 respectively.

IDput PCMAuIpiI.,......
The PCM analysis frame defines the nwnber of comiguous iuput samples over which the encodiDg
process generate$ an output fJllme. Five~ ellCOdilrl PCM fruIe sizes are permissible depending
on the~ frequeocy and the combined bit rate of the lllIPticaIion. These are; 2S6. 512. 1024. 2048
and 4096 samples for each channel. Generally the larJef wiudow si&cs an: aserved for low bit-rate
applicalions where the associated impro¥eDlellt in codirIa ...~ die 1iIIIiaI--of bits
available to code the audio . The maximum PCM window verses sampling fmpIency aDd bit rate is given
in table 5. For example. eocodiDl 48kHz sampled PCM digHal audio chaaoels at a combined rate of
384kbps allows the encoder to operated at lilly of the five frame sizes. \lIDaas at a a.le of 1.536Mbps the
choice is reduced to either 256. 512 and 1024 samples per audio c.banoel. The frame size IimilS in table 5
are imposed in order to maintain a maximum ceiling on the decoder iDpDt buft'a size. For example. the
maximlD11 decoder input buffer size for sampliDB rates of 48. 96 or 192kHz can DOl exceed S.3Jcbyres.
irrespective of the nutDber of audio channels present in the bit stream.

32-band Fdter-bank (@fs=8-48kHz)
For sampliDl rales for 48kHz and below each PCM audio channel is split direcdy into 32 UIIiform
subbands prior to eocoding. A choice of two polypbase filterbaolcs with differing reconstruction propenies
are provided whicll allow for a trade off between subband coding gain and recOllSU'Uctioa.precisioo. The
choice of filte~ is indicated to the decoOer via a flag embedded within the encoded bit saream. In the
case of low bit-rate cWiDB the cod.inB efficieucy is enbaoced by deployiDB high subband gain filter-banks
i.e.• those wlUcll exbibit lIigh stop lNwd rejection ratios. These filters are. by definition, prone to non
prefect (amplitude) reconstruction (NPR) distortion at peak input levels such that the decoded PCM caI1IIOt
match the input data bit-tor-bit even at high bit rates. Hence a "perfect reconsuuction" (PR) filterbank in
iucluded which is suitable for high-bit rate applications or lossless coding applications. The critical
specifications for bodl tiIlerbaolcs are shown in table 6.

Table 5
Maximwn allowed audio window size vs samplilll frequency and bit-rate

)s

)s

.S
,S

Ips
Ips

'PS
'PS
iPS
,ps
ps
,ps
ps
ps
ps
ps
ps
bps
bps

bPs
bps
bps
ttd:Ips
bps
llps
bps
llps
~ps

0- 512 kbPs
512-1~~

1024 - 2048 kbPs
2048 - 4096 kbps

8/ 11 / 12
IkHzl
1024

16/22/24
IkHzl
2048
10Z4

32/ ".1/48
Mal...
2048
1024

64/ ...2/96
[tHai

2048
1024

128/ 176/ 192
IkHzl

2048



Table 6
FUter bank specifications

Type Taps Transitional BW Stopband Ultimate Reconstruction
1Hz) reiection IdBl reiection IdBI resolUlion (dB)

NPR 512 300 110 120 90
PR 512 350 85 90 145

LPC analysis and vector quantization of predktor caeftIdents
A key component of the CobereDl Acoustics coding process involves adaptive predictive coding, or
ADPCM. which may optionally operate independeDl1y in all 32 subbIuds of each audio cllumel. Fourth
order forward adaptive IiDear prediction is deployed where die opcimal prediceor coefficieals are ca1cuIated
over a wiDdowof eitber 8. (frame=256) 16 (fnme"'SI2) or 32 (tr.De= 1024 or greater) ..... PCM
samples. Each set of four predictor coefficiellts are quaDlized usm, a 4-elemeDl tree-search 12-bit veclOr
code book prior to tIIDSIIlission. were each VQ element clQists ofa 16-bit in1eger (VQ tabIe-32kbytes).
For example. in a 4096 PCM _pie codiDB frame where die sipal is decimated to 32 subbaDds of 128
PCM samples. die subtIlind predictor coefficieDlS are updated and traDSIIlitted to !be decoder four times
for each incoming frame.

SuIIINmd J)IIraaa SipIII 1'...........
Once tbe opeimal prediction coefficients have been calculated and quanlized for each subband. a firSt
pass diffemlt:e sipIal is IClJefaICd by tUIIIIiDs Mescimation ADPCMM routines which assume zero
qtllUXizaUon error ill 9th ...... U.., die esciIIIMed difference "'1 an ioiliaI analysis of both tbe
prediction gain ... traDSient behavior of tbe suIlIM8d diffemlce sipal is made.

By comparing tbe variance of the difference .signal to dw of !be subband signal the prediction gain can be
estimated over each analysis wiDdow. If !be predictioo gain is DOt sufficieDlly positive (takinB into accOUDt
tbe prediction codficiem transmissionov~ and~pin loss. due to qllllDliza&ion error
feedback) tIIcn !be predii:tioD process is disabled in lbat suIIband (coefficiCDlS set to zero) for Ibe period of
t1Iat analysis window (lIOIDioaIIy 32 subband SllDpIes). Tbe UIC. or odIerwise. of tbe predictors ill any
subband is indicated~y to die decoder via Mpredietor mode" flap (PMODE) embedded ill die data
stream. Predicuon coefficicw aie DOt transmitted for any subband analysis window for which die predictor
toode flag is off.

In this way die prediction process is dynamicaJly aclivared in any subband if !be accuracy of die prediction
sequence is deelllecllO provide a realislic redlIction ill quantizadoo noise at I Jiven bit rate over tile period
of that sUbIuds ualysis window.

DiffereatW TrIIIIIiIlIIt AaIIJIB
For those subIlaods which do DOt ex1libit a pmliclioa pin. tIIe·CIIimIted difference sipal SIIIIpIes for
those periods are overwritten by die oriJioal subIIaIII PCM SIDIpies for dIIlIe binds. Tbe updIIed
estimated differea:e sipal is !ben re-"'yzed for .. preance of transietIIs which couIct lead to IlidiIJIe
pre-echo lni&cts. .

nle ·lra~ientmodes· are calculated separately for each subband estimated difference signal and indicate
the number of scale factors required to be calculated over the transieDl analysis window. This window is
similar 10 that of the prediction analysis Le., 8 samples (frame=256), 16 samples (frame =SI2) or 32
samples loog (frame=: 1024 or greater). A transieDl is defined as a signal which traDSitions rapidly between
a low amplitude pbase and a hiP amplitude pbase. Due to tbe flet tbat scale factors are averqed over a
block of difference samples. if a transient is preseot. the calculated scale factor can be excessive in
relation 10 the low level samples which preceded it. possibly leading to pre-echo at low bit-rates.

To alleviate Ibis possibility, !be position of !be traDSient is 1oc:aled widIiD die --JIia wiIIIow UllOllC
fOUl traDSieDt mode values (TMODE) assipcd to each suIIIIud 11Ie .-.=--~ i...,......~

figure 4. for !be case of where die sub-bufli:r comprise 8 ftIf.~••••,cDd
frame of 4096 saJDPIes per cbamd. die ~....,...CRiel A '.1 .
(wiDdows) of 128 differeDlial suIJbud B1d112I 111I ,
samples (S.3ms 048kHz) ... die RMS scale Iicbs caIe I'll , for __ C -" SiI.or .....
sub-buffers (TMODE =0.1.2 UId 3). For ttIIISieaIs widell occur ill die .... , is ...

Two bit TMODE flags for each analysis window ill each subbuIII are embedded ill die bit sare.m ... l

used direcdy by !be decoder to properly IIIIpICk die embedded scale faclOrs.

Scale Factor G-.tion
Scale factors are calculated for each groupiJJa of 8-sample sub-buffers as indicated by TMODE for cae
subband estimated difference signal window. When TMODE is zero a sialic scale faclOr is calt:ulated
!be eDlire window.The calculation can be bued on eilller sample Peat AIIIptitude or RMS depalding (J

!be application. As a result of die transieIIl analysis mechod !be efktive scale factor lime resolution c.1

be as low as S.3ms while only requiring !be traDSIIlission ofa maximum of two scale factors over a 21
window (@48kHz). .

Depeudiog on the application. scales factors are quanlized lopridaically eitber a 64-1evel (2.ld
step) table or a 128-level (1.3dB step) table, which allow tOr tile of....owe m-.e
134dB (ll-bits) and 166dB (27-bits) respectively. Scales factors for each of eKJI audio cbamM
are uansmitted diJecdy to Ibe decoder and coavened hack to Ibe liJar damaia a ...... look-up
table at Ibe decoder. The cboice of quaDlizaboo tables is also embedded ill die bit IIIalBl for each
analysis frame.

Use of dynamic lraDSieDl analysis in combination with the scale factor generation process within~h
subband. pre-echo artifacts are convenicDl1y mitiaarcd at low bit rates with miDimal increases ill side
information overbeads. Moreover, since !be uansient data is~ dim:dy to die decoder, die
lransient analysis can be conlimally improved with time without iJnI*1iIII die decoder.

Psyc.............. A.Iysk
Traditiooally psycDcoustic analysis for low bit-rate subband codiBl bas~ sIIon-term sipal-u
mask ratios (SMR) which determine tbe number of bits required for adaptive PCM encodiDg within ea
subbuds (MPEG Layer I ... 0). However. for precIcdve .....CllIIII1IIe!IftI_1le IIIOdtIIecI
reflect die tlegree of pmIiction gain obtained in 'each subbud ADPCM process since it is die differencl
sipal which is to be quandzed as opposed to die actual subband -.pie. Ccnain care must be
excercised however, since large prediction pins can lead to die SMRs bectlmiDc ncpIive and possibly
resukiDg in zero bit alIocatiolL'l. GeDeraIly speaking. subbaods wIIoIe SMRs are iDiIiaIIy neptive can
receive a zero bit allocation. wIIereas subbaDds wIIoIe SMRs beccae nepdve after JWIltification must
retain at least a minimum bit alIocation.

Adaptive lit Allocation
Once the scale factors have been generated. die quantization ooise level is set by sdecliDl !be number t
levels to be used by the differential quaIIifier (die samples are tint tIOI'IIIIIiBcl by tbe sc:aIe factor). At
bit-rates acceptable levels of qu'anIization DOise ill 9th subband may be darrmiet by eidIer die SMa
values generated eilber by !be psychoacoustic analysis directly or fraa SMI. v*s ...
subband prediction pins. or a cOlllbiJUon of bodJ. Alem.dvdy. at bit a~_1Il of
SMR and differential minimum mean squared error aIIocalion is F..&l e. atlOlllels or
variable rate coding mode !be bit allocation can contiDue to amwmIae ur.n tile lies
below some pre-determined threshold Le. half a LSD of the source PCM audio. in die case of lossless
coding.



oic:e of up 10 28 mid-Uead quaIIIifiers (millimlllll o-Ievels, maximlllll 16,n7,216-levels), arc: available
de die differeDlial subbud sipals widlin die ADPCM process. Depelldiu, 00 the bit-rare of the
aIioB die bit aIIoI:MioIl il*RS are tra....jnr;d cIiIpc:dy 10 ..decoder as adler 4-bit or S-bit words.
at tile mudie ... tedIt:cs side iJIfonDaIioa overIMds but IiiIIits die cboice of quaoIifiers 10 die first
eD. TIIi$ WIlI!Id be IfIIIOIlriale for low bit-ra1e appIicalioos. 1be bit allocation index word length is
milled to tbe aceoiler via a tlag each frame.

Igle bit a!llq8m iIIIcx is tramlIlittcd for each subIuIJ diJJerential sipal aDalysis window, (up to two
facton caa ee tmilPP_ for die same period ifNODE is __zero).S*c !be bit allocationtell"."'" 10 tilt decoder. die bit ...... pnJQIlISaBrbe ccz' ....y impr~ OYer lime

lilt .

i~c.-
ry low"" rae appIkadoos it is possible to improve the overall recODStnlCtion fidelity by codiq ODIy a
Ilation of high freqUCIICY subbaod signals from 2 or more audio channels. as opposed to coding the
frequency subbands separately. laiDl frequency coding indexes are traosmiaed direcdy to the
1er and indicare which subbaods comaio summed signals and which chanoels bave been involved in

.• ,..ea. F, ,~ is pet . .,.. ill all ...... except ill tile first two. In low
lie hip-quality applic:aIKmI. typically frequency joioiog would be limited to subbands in tbe region 10
Iz. 10 medium 10 high bit-rate applicatioos the feature would be disabled allogetber.

,ardADPCM
!be prediaioa coefticiCDlS. scale factors and bit allocatioo iDdexes have been determined Ibe

lDlI samples are eocodcd using ADPCM. The resulting quantifier level codes cao be seDl direcdy to
it stream multiplexer in medilllD to high bit-rate applications. or Ibey can be post-processed by
ling to variable length code books for funher bit ra1e reduction.

ilile Lenath Coding
!be SIIdstical distribution of the differential quaDtifier codes is significantly DOD-uniform further
)~ of lIP to 20'; in tbe codiq efficieacy may be realized by mappiq !be code words to a
lie IeIIJth ~CIIttOpy" cooeboab. V.nabIe lenath coding is awropriate when operating at low-bit rates
vo reasons. Oue. since tbe coding windows may be up to 4096 sample per chaDoel allow bit rates.
ICrasUJI eflD;:t of a large DIIDber of differemially ccICIe words t'Iaucus !be variaace of die frame bit
Two. a1dIoIqb lbe ~kiJII cOlDpIexity of variIbIe ICa8dI codes is sipificam1y greater than fixed
l codes, dIere will be fewer bits to 1IDplICk: at low-bit rates. Hence the lDJIlICking computation is
vely COII5lI* between hiP and low bit rates. Depelldiu, on tbe size of die linear quantifier. a IIIIIIlber
tisaQIIy~ eDIIOpY tables are available for ..... purposes. 1be codes from tbe table which
ICCS die lowest bit rate are used to replace lhe fixed differential codes, aat tbese are seDl to the
lJIexer. FIqs iodicating which tab1e has been selected are lImlIIlilled alongside the codes to
:ate proper decodiJII. If the bit rate of the variable IeDIth codes is DOt less lhan the original fixed
I codes. tben Ibe fixed codes are transmitted instead........~
i -.• , .•11[..:, .J ~...•.. it iJllOflNtI.c .._ . . . ' t(1 $ ...• n tlille't1UIe appIicadon.

seli aD lrendVe IJIIlI'OICh is depIo~iD tbe~ wberebY ceiDin scale factors (normally high
:ocy) are increased illCl'l!IDCIU1ly in order to force the entropy mapping process 10 progressively use
u code wonIleastbs. For each iteration tbe ADPCM process and eDtrOpy mapping is repeated and
tal bit rate recalculated. In practice this process rarely continues for more than one or two iteratioDS.

-~~;-=_.

Side information enrodina
Allbough lbe traosicDl modes (TMODE). scak: factors and bit allocation iDdeRS caD be trlD8Diaed
direcdy, in low-bit rate appIicatioas (below lOOWlps/dl) dille~ side iAa....... ewe.... caD

become a significant portion of the tofal bit rate and wiU iaeWIIiIity .... 10 IiIIit die qIIIIity 01 die dllcoded
audio below Ibese rateS. Typically an overhead of approxiuwely l4kbpslcb caD be t:lqIeCfCd fOr bit-ra1eS
in Ibe region 64-IOOkbps/ch. By re-mappinglbe side iofomwionllliol Variable 1eIIIdl code baob in a
siolilar fashion 10 die differeotial subband codes. !be average side iofomIIIioa at dIese bit rMllS is reduced
by approximately 3kllps/ch (21 %) to aboulllkbps/ch.

Low Frequeaq Meas CbanaII
The Iow-~yaudio~ is optioIdy available wida all audio codiaI--. TIle efIi:as cbullel
is derived by direc;&.ly ..-.... a full~ iJIput PCM ........... cboice of eidler 64X or
I28X decimation IiJita1 fillers. 1beae 811m eUitlit bPlh:i1ll1llll 011__..~y. TIle
decimated PCM samples are coded IIIiug an 8-bit forward adIpdve q 'It.. To ret 1'1 I die PCM
channel at !he decoder !be same fillers are used to iaterpoWe _It up to lhe orijpDaI PCM ample rate.

Embedded fWICtions
In order dill! mulri-cbannel audio formatS be compatible with standard stereo or I1IOIlO pIilyt.ck systeIDs.
the decoder includes functions for doWlHDixing n-cblaDels to 0-1, 0-2•..• , etc. 1'Ilis aIIo iIIcIudes !be
ability to down mix a discreet S.I cbalmel sound trlClt 10 a lUtriud2~Lr It.r .veuion, CClIIIpltible
wilb curreDl matrixed surround sound decoders.

The decoder inchJdes pre-set mix coefficieDls. but alternative coefIiciea values CIIl be embedded by die
encoder in the audio SRIID or iJlllUl to tile lkcoder tbnlIIP a __~. 11IiI1IIowa pI'OFUl

providers great flexibility in determining the optimlllll milt~ for penicular audio awerial. Cbalmel
mixing is possible either in tbe frequency domain or time domIiD, ...... on die complcdty of. the
decodiog hardware.

Dynamic range control io all modes is facilitated through tbe iDcllllioD ofmoviDI-a~energy values
for each compressed audio channel in tbe multiplexed compreslld IUlIio bit strelIDl. i ... SlIIIIp and user
defined information for each channel may also be embedded in the bit stream.

By varying tbe bIocIt size of tbe compressed audio bit stream C'" Ac:OUIlics 11Io permia IIIIIP1e
accurate synchronization of the audio to digital video signals at any SIIIIPIinJ rate.·1bis is of importance in
multimedia and digital video playback: applicatioos where the cOIlIpIeBd audio data bIocb Bfe DOt
normally coincideDl in time with tbe beginning and end of the video frames. 10 this situaIion it is possible
for the audio and video signals 10 loose synchronization wilb each olher. especiaUy if tbe video signal is
being used for a timing reference. iDe stamp informatioo and user defiDed data may also be embedded
in Ibe bit stream.

High Sampling Rates
For source SIIdPIiIJ rates ifCalCr tban 48kHz the basic 32-baod su1JbIDd coding framework continues to
encode the bue-'-d audio sipals «()'241tHz), however the hiJber frequencies are directed to addi&iona1
8-1land (FsX2) ... single-baDd (FsX4) side-chaio ADPCM ccICIers. The~ process fOr 96kHz
sampling is illustrated in figure S. ·The audio specttUIII. 0-48kHz, is iJitially split using a 256-tap 2-bend
decimation filter bank giviog and audio bandwidth of 24kHz per band. The bottom bud (G-24ItHz) is
encoded using Ibe standard 32-band system. The lOp band (2448kHz) however is split delayed and
encoded in 8 uniform bands. Each of tbese subbaods bave a bandwidth of 3kHz and the ADPCM codes
are packed withio Ibe oversampling array included io tbe main bit streatD. By~ the sipaI in Ibis
way. Ibe decoder does DOt need to decode the audio codes associated with tbe 2448kHz rePm 10

maintain compatibility with Ibe bit stream. Figure 6 illustrates Ibis process.
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